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Summary 

The standards of coding accuracy appropriate for a pulse-code- 
modulation (p. cm.) system distributing high-quality sound-programme 
signals are now relatively well established. In this application the analogue 
signals are controlled in level before coding, and experience has shown that a 
13 to 14 bits/sample system, with pre- and de-emphasis, provides a perfor- 
mance appropriate for high-quality radio broadcasting. 

However, there is advantage to be gained in extending digital signal 
control and processing in sound-programme studio centres, and it seems 
inevitable that, in the future, sound-programme signals from individual 
microphones or groups of microphones will be coded in digital form without 
prior operational analogue control. The dynamic range of such uncon- 
trolled sound signals is obviously greater than that of signals already con- 
trolled for distribution as mentioned above, so some difference is to be 
expected in the digital coding standards necessary. 

This report reviews available data on factors such as sound- 
programme levels in studios, acoustic noise in studios, microphone noise 
etc., and estimates, for a range of situations, the coding standards required to 
retain, in digital form for subsequent digital processing, the full dynamic 
range of the analogue signal at the microphone output. Estimates range 
from less than 13 bits/sample to some 19 bits/sample, depending on circum- 
stances. 

However, non-operational, preset, adjustment of the microphone 
signal level may be used in practice to optimise performance. It is suggested 
that, provided this optimisation is carried out with due care, a basic coding 
accuracy of 16 bits/sample should prove adequate for a broadcasting system 
using 14 bits/sample p.c.m. signal distribution. 
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1. Introduction 

The choice of coding resolution for sound- 
signal pulse-code-modulation (p. cm.) applications 
must inevitably involve compromise. On the one 
hand the quality of programme reproduced after 
decoding can be markedly degraded if the coding 
resolution to too low — on the other hand tech- 
nical problems, equipment cost and complexity 
can increase dramatically as higher standards of 
resolution are demanded. 

Where the sound signals to be coded have 
already been controlled in level — programme 
signals for distribution, for example — a digital 
system using 13 to 14 bits/sample, with pre- and 
de-emphasis, is appropriate for high-quality sound 
applications.* 

However there is likely to be increasing 
application of digital techniques to sound signals 
which have not been controlled in level. In the 
recording industry, for example, there is consider- 
able advantage to be gained from the 'all digital' 
studio arrangement. This allows a large number of 
microphone outputs, each recorded on a separate 
track of a digital recording, to be subsequently 
balanced and mixed digitally with minimal result- 
ing degradation of quality. Similar digital-studio 
techniques are likely also to show benefit in broad- 
casting. Here the advantages envisaged are an 
improved reliability, the flexibility of signal pro- 
cessing using digital systems and the probable 
cost saving in the future as a result of develop- 
ments in large-scale integration techniques. 

The dynamic range of uncontrolled sound 
signals is obviously greater than that of controlled 
signals, so some increase in the p.c.m. coding range 
required must be expected. There already seems 
to be a consensus favouring 16 bits/sample coding 
for digital recording and this standard is likely to 
be considered also for application to coding 
uncontrolled sound signals in broadcasting. 



The present study is concerned with esti- 
mating the p.c.m. coding range appropriate for two 
situations. 

In the first place, it is concerned with the per- 
formance standards needed to maintain substan- 
tially the full dynamic range of the uncontrolled 
sound signals appearing at the microphone output 
for various studio situations — avoiding both degra- 
dation of signal-to-noise ratio at low signal levels 
and overloading at high levels — so that the full 
potential* of the original signal is retained for 
subsequent digital manipulation. 

Secondly, it is concerned with the practical 
standard appropriate for broadcasting, where a 14 
bits/sample distribution network, using pre- and 
de-emphasis, has been shown to be suitable for a 
high quality service and, further, where a degree of 
optimisation of pre-set microphone-amplifier gain 
adjustments can be assumed. 



2. Definitions of signal level, noise level and of 
signal-to-noise ratio 

Both the signal level and the noise level in 
sound-signal equipment can be measured according 
to any of a number of recognised standards, and 
the signal-to-noise ratio of the equipment can 
accordingly be expressed in a number of different 
ways. It is therefore necessary at the outset to 
define the conventions that will be followed here. 

Unless otherwise stated the following defini- 
tions apply:— 

Signal Level is the level of signal, measured on a 
BBC peak-programme meter,** 4 
(p.p.m.), and specified in dB 
relative to 1 volt. 

Noise Level is the level of noise, weighted 
according to CCIR Rec. 468, 5 



The BBC's p.c.m. sound-signal distribution network uses 13 
biti/sample coding, with added dither? to eliminate granular 
distortion at very low signal levels. A second generation distri- 
bution system, now being developed in the BBC, uses 14 bits/ 
sample basic coding and does not require added dither. Both 
systems apply pre-emphasis to the analogue signals to be 
coded. 



The p.c.m. coding accuracies discussed here are, in fact, such as 
to make the digital quantising noise and the analogue noise 
contributions equal, the overall noise output thus being 3 dB 
higher than either individually. 

The BBC peek-programme meter is a pseudo-peek responding 
device, but is calibrated in terms of the r.m.s. value of an 
applied sinusoid. 
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measured on a BBC peak-pro- 
gramme meter and specified in 
dB relative to 1 volt. 

Signal-to-Noise Ratio is the separation, in dB, 
between the maximum signal level 
(sinusoidal) for the system, 
measured as specified above, and 
the noise level of the system, 
also measured as specified above.* 



3. Theoretical signal-to-noise ratios of p.c.m. 
systems 

It has been deduced elsewhere 6 that, for an 
'n' bits/sample, linearly coded p.c.m. signal, 
sampled at the Nyquist rate, the theoretical ratio 
of maximum r.m.s. sinusoidal signal to r.m.s. 
quantising noise is (6n + 1.8) dB. Use of a BBC 
peak-programme meter, instead of the r.m.s. 
meter, has been shown** to raise the noise figure 
by 4.2 dB; in addition, for a 15 kHz audio band- 
width, the introduction of CCIR Rec. 468 weight- 
ing has been shown** to increase the noise figure 
by a further 8.6 dB. 

Thus the signal-to-noise ratio of a p.c.m. 
sound system with ideal 'n' bit coding becomes 
(6n + 1.8 - 4.2 - 8.6) dB, i.e. (6n - 11) dB, 
when measured as specified in Section 2. 

The theoretical signal-to-noise ratios thus 
calculated for p.c.m. sound-signal coding are 
listed in Table I for a range of coding resolu- 
tion. 



Current BBC operational practice is to refer the noise level, 
Rec. 468 weighted, p.p.m. measured, to a reference line-up 
level 8 dB below the nominal maximum r.m.s. sinusoidal 
signal, and to identify such a measurement as x d84w. This 
convention has not been used here as it is, in the present 
application, somewhat less direct than that defined above. 
In unpublished work by A. Brown and R.A. Belcher. 



TABLE I 


p.c.m. coding resolu- 


Ratio of signal to 


tion, bits/sample 


quantising noise, 




dB 


10 


49 


11 


55 


12 


61 


13 


67 


14 


73 


15 


79 


16 


85 


17 


91 


18 


97 


19 


103 


20 


109 



4. Programme sound pressure levels in studios 

Data has recently been published 7 on the 
sound pressure levels existing in studios. Table 1 
of this earlier work gives the maximum r.m.s. 
sound-pressure levels measured for the quietest 
and loudest samples analysed for various types of 
programme. Dynamic range, and necessary p.c.m. 
coding range, is set by the loudest samples, so only 
these will be considered further in the present 
work. The earlier work also lists corrections 
(Table 3) to be made to take account of dif- 
ferences between the test microphone positions 
and typical operating microphone positions and, 
further, gives a +3 dB conversion factor to be 
applied to obtain sound-pressure levels in terms 
of p.p.m. measurement.* 

Table II below has been derived from the 
earlier work, taking account of the various 'correc- 
tions' noted above. 



This 3 dB conversion was determined empirically. The con- 
version is needed to take account of the different dynamic 
properties of the meters concerned. It is not directly related 
to the 3 dB difference that exists between the peak (= crest) 
voltage and the r.m.s. voltage of a sinusoid. 



TABLE II 



Programme Type 


Sound levels, max p.p.m. (estimated): 
dB relative to 20 /iPa 


Max. within sample 


Talks 
Drama 

Music, Recital 
Music, Orchestral 
Music, Dance Band 


98 

92 

111 

113 

129 
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5. Noise levels at the microphone output 

The noise voltage at a microphone output con- 
tains components due to 

(a) circuit noise from the microphone itself (and 
from any included amplifier) and 

(b) acoustic noise in the studio, i.e. noise from 
ventilation equipment etc. 

The contributions from these two noise 
sources will be discussed separately. 

5.1. Output from microphone due to circuit noise 

The output from every microphone includes 
noise originating within the microphone itself. In 
the case of a dynamic microphone, noise is 
generated in the microphone resistance as a result 
of thermal agitation effects and, in an electro- 
static microphone, in the associated head-amplifier 
circuits. 

The noise from a dynamic microphone can 
readily be calculated. For a ribbon microphone 
type PGS, 8 with a resistance of 300 ohms, for 
example, the r.m.s. unweighted noise output in a 
15 kHz bandwidth, measured at 20°C is 2.69 x 
10~ 7 V. i.e. -131.4 dB (V). Applying the con- 
version factors given in Section 3 for CCIR Rec. 
468 weighting and peak-programme meter 
measurement, this noise figure becomes (—131.4 + 
12.8) dB (V) = -118.6 dB (V), using the conven- 
tions followed here. 

Now the open-circuit sensitivity of the PGS 
microphone is about —55 dB (V)/Pa, or —149 dB 
(V) for dB Sound Pressure Level (SPL) (i.e. for 
20juPa). Thus, the thermal agitation noise voltage 
at the output of a PGS microphone (Rec. 468 
weighted and p.p.m. measured) is equal to the 
signal output for an SPL of 30.4 dB. This figure is 
fairly typical of good quality dynamic microphones. 



The figures for electrostatic microphones can 
be somewhat lower, though it seems that improve- 
ments in technology have, so far, generally been 
used to reduce size and weight of the microphone 
and to improve its directional characteristics rather 
than to improve its signal-to-noise ratio. However, 
developments in other areas such as reduction in 
tolerance limits for acoustic noise in studios and, 
indeed, the increasing use of digital techniques in 
recording, are likely to encourage development of 
quieter microphones. Two microphone noise 
standards, 30 dB SPL equivalent and 20 dB SPL 
equivalent (measured as indicated above), will 
therefore be considered in this Report. 

On this basis the ratios of signal-to-micro- 
phone noise for various programme types can be 
estimated, using the data given in Table II. The 
results are given in Table III. 

This data can readily be converted to equiva- 
lent p.c.m. performance, using the information 
given in Table I. 

For example, in a drama studio, the ratio of 
signal-to-microphone-noise seems unlikely to 
exceed 14 bit equivalent, even using a micro- 
phone with a noise output of 20 dB equivalent 
SPL. 

The figure for Dance Bands, on the other 
hand, is about 20 bits/sample p.c.m. equivalent, 
assuming the quieter microphone standard. 

5.2. Output from microphone due to acoustic noise in 
studio 

The basic data for signal-to-acoustic-noise 
ratio at the microphone output is also taken from 
the source referred to earlier. 7 As presented 
(Table 4 of Ref. 7) the data assumes 8 dB manual 
compression of programme (3 dB for drama); this 
is inappropriate for the present study where the 
signal is taken as uncontrolled. Further, the data 



TABLE III 



Programme Type 


Estimated ratio of maximum signal-to-microphone noise 

dB 


Assumed microphone noise 
level 30 dB equivalent SPL 


Assumed microphone noise 
level 20 dB equivalent SPL 


Talks 
Drama 

Music, Recital 
Music, Orchestral 
Music, Dance Band 


68 
62 
81 
83 
99 


78 
72 
91 
93 
109 
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TABLE IV 



Programme Type 


Estimated ratio of signal-to-acoustic noise 
(measured at microphone output) for Radio Studios, dB 


Current acoustic noise criteria 


Proposed acoustic noise criteria 


Talks 
Drama 

Music, Recital 
Music, Orchestral 
Music, Dance Band 


65 
64 
79 
80 
96 


71 
71 
85 
81 
97 



is presented in the form dB4w which, as explained 
earlier, is not used in the present Report. The 
figures given in Table IV above have been increased 
by 16 dB (11 dB for drama) to take account of 
the factors mentioned above. 

The signal-to-noise data tabulated in Table 4 
of Ref. 7 is based on current criteria for acoustic 
noise levels. However, Ref. 7 also proposes new 
criteria,* and the table above gives estimated 
figures for signal-to-acoustic-noise, both for the 
present criteria and for the tentative new criteria. 

In terms of p. cm. equivalence the maximum 
signal-to-acoustic-noise ratio for drama is about 14 
bit, while the corresponding figure for Dance 
Bands is about 18 bit, assuming the proposed new 
acoustic noise criteria. 

5.3. Overall signal-to-noise ratio at the microphone 
output 

Comparison of the relevant columns of Table 
III and IV reveals that the figures for signal-to- 
microphone noise ratio, assuming a 30 dB equiva- 
lent SPL microphone, and for signal-to-acoustic 

* The proposed new criteria, as presented in Fig. 4 of Ref. 7, 
relate to ventilation noise only. In preparing Tabla IV above 
a 3 dB correction has been made to allow for other sources of 
noise as recommended in Ref. 7. 



noise ratio, assuming current acoustic noise 
criteria, lie within 3 dB of each other — acoustic 
noise generally setting the lower standard. 

In the case of the improved performance 
criteria, both for microphone noise and acoustic 
noise, the differences between the tabulated 
figures for corresponding types of programme 
show more variation, the lower standard always 
being set by the acoustic noise. 

Table V shows the estimated overall micro- 
phone output signal-to-noise ratios for the present 
studio noise criteria and a 30 dB SPL equivalent 
microphone noise, and for the proposed new 
studio noise criteria and a 20 dB SPL equiva- 
lent microphone noise. 

On the basis of Table V it would seem that 
speech programmes, talks and drama, are unlikely 
to merit better than 14 bit coding even assuming 
use of quiet microphones in quiet studios; that 
music, either recital or orchestral, could be 
adequately served by, say, 16 bit coding, but that 
Dance Band music apparently might merit even 
higher coding resolution. 

However other factors, such as the coding 
resolution requirement at very low signal levels, 
the amount of digital level control to be exercised 



TABLE V 



Programme Type 


Overall signal-to-noise ratio — approx. p.c.m. 
equivalent bits/sample 


Assuming 30 dB SPL equivalent 
microphone noise and current 
studio noise criteria 


Assuming 20 dB SPL equivalent 
microphone noise and proposed 
new studio noise criteria 


Talks 
Drama 

Music, Recital 
Music, Orchestral 
Music, Dance Band 


12V4 

12 

14*4 

15 

l7Vi 


13V4 

13 

16 

15 

18 
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in the mixing process, the digital standard adopted 
for programme distribution and the risk of over- 
loading digital systems, will also materially affect 
the choice of coding range required. These factors 
are considered in the following sections. 

6. Coding resolution requirement for signal levels 
comparable with the analogue noise level 

In a practical digital-studio situation (where 
there is no operational analogue control of gain 
between microphone and coder) it will be particu- 
larly important to match the lower end of the 
p. cm. coding range to the analogue source noise. 
If the coding range is set too low a significant part 
of it will be wasted — being used simply to code 
analogue source-noise components — and the 
ability to code high-level signals without over- 
loading will have been unnecessarily diminished. 
If, on the other hand, the coding range is set at 
too high an absolute level, low-level signals may be 
impaired by the effects of granular distortion 2 due 
to inadequate resolution. 

Since we are considering high-accuracy coding 
it may seem unnecessary to take account of 
granular distortion effects at' low signal levels. 
However, sound signals which are not subjected 
to analogue level control will be subjected to 
digital control; where the level is too low it will 
be raised — in effect by increasing bit significance. 
Granular distortion and source noise may then 
become apparent and the relationship between 
them important. 

It seems unlikely that digital mixing would 
commonly reduce the effective resolution to less 
than 1 3 bits, for other factors, such as quantising 
noise, might then start to become apparent. It is 
therefore probably appropriate to consider 
granular distortion and its masking in terms of a 1 3 
bit system. 

Granular distortion can be objectionable on a 



13 bits/sample system used on programme signals 
which have been controlled. In practice it has 
been found that impairment due to granular distor- 
tion can be overcome if a 'dither' signal is added to 
the sound signal to be coded. 2 A dither signal of 
white noise only (not the most effective dither 
signal, but the most helpful for estimating the per- 
formance of microphone signal coders) was found 
substantially to mask granular distortion in the 
13-bit system when the added analogue dither 
noise was set about 4 dB above the coder quan- 
tising noise. 

This suggests that, where the analogue micro- 
phone signal-to-noise ratio of the input signal is 
given as x bits/sample p. cm. equivalent (Table V), 
the appropriate p. cm. system should have about 
(x + %)bits/sample resolution if granular distortion 
is to be avoided and the same high-level signal 
coding potential retained. The revised coding 
standards are listed below in Table VI. 

The impairment due to granular distortion 
depends on programme content. The conclusions 
reached in the earlier work were based on results 
obtained using a stringent test passage of piano 
music Lower standards would be adequate for 
other, less stringent, types of programme. Conse- 
quently, from granular distortion considerations, 
different standards of low-level coding resolution 
may be appropriate for different programmes, 
but these will have to be established experiment- 
ally. 

Further, the random component of the dither 
signal proposed in the earlier work comprised 
white noise; acoustic studio noise is very different 
in character, usually being markedly bass heavy. 
It is likely, therefore, that the masking effect of 
studio noise will be different from that of white 
noise; it is possible even that the effects of in- 
adequate coding resolution may be apparent on 
the low-frequency components of the studio 
noise itself, and that impairment due to granular 



TABLE VI 



Programme Type 


i 

Tentative p.c.m. coding standard appropriate for concealment of 
granular distortion 


Current standards of micro- 
phone/studio performance 


Tentative new standards of 
microphone/studio performance 


Talks 
Drama 

Music, Recital 
Music, Orchestral 
Music, Dance Band 


13 
12% 

15 

15% 

18 


14 

13% 
16% 
15% 
18% 
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Fig. 1 - CCITT pre-emphasis characteristic: shown arbitrarily with zero gain at high audio frequencies 



distortion, instead of being reduced by the pre- 
sence of noise, might thus be aggravated. This 
effect remains to be investigated. 



7. Application of pre- and de-emphasis 

In most sound programmes the signal energy 
tends to diminish at the higher audio frequencies. 
Advantage has long been taken of this fact, and the 
use of high-frequency pre- and de-emphasis to 
improve the overall signal-to-noise ratio of sound 
systems is well known. 

Fig. 1 shows the CCITT pre-emphasis charac- 
teristic 9 commonly used in sound-programme 
carrier circuits, here shown normalised to zero 
gain at the top of the audio frequency band. The 
effect of introducing Dre-emphasis depends on the 
associated circuit gain, and it is convenient to 
specify this gain at 1 5 kHz in order to define the 
working conditions. 

CCITT pre-emphasis and de-emphasis has 
been adopted for the BBC NICAM3 companded 
p.c.m. system 3 — here with a pre-emphasis gain of 
6 dB at 15 kHz. In the NICAM3 application 
the main purpose of adding pre- and de-emphasis 
is the reduction of the effects of programme 
modulated noise resulting from compandor action. 
However, other significant effects may also be 
noted. 

(a) Impairment due to p.c.m. quantising noise 
is reduced (about 3 dB) 

(b) Impairment due to granular distortion is 
marginally (about 1 dB) worse 

(c) The probabilities and circumstances of 
system overloading (in the absence of over- 
load protection) are changed. 



Since the specification of NICAM3 already 
includes pre-emphasis and de-emphasis it is relevant 
to consider whether, in an all digital studio system, 
there might be advantage in introducing the pre- 
emphasis before the individual microphone 
analogue-to-digital convertors (A.D.C.s). 

Among the effects to be expected as a result 
of introducing pre-emphasis the change in the 
probability of overloading is the only unknown. 
The effect on programme level statistics of adding 
CCITT pre-emphasis has therefore been studied 
experimentally for a number of test items 
(typically a few minutes long), and the results 
are given in Table VII. The measurements were 
made with apparatus arranged to have peak-pro- 
gramme meter dynamic characteristics, and the 
results obtained were in terms of the percentage 
of time that the indicated level remained above 
each of a range of preset values. The figures in 
Table VII indicate the fall in signal level at each 
of various probability values as a result of intro- 
ducing CCITT pre-emphasis set to have zero gain 
at high audio frequencies. 

The results indicate that pre-emphasis, set 
up in this way, typically reduces the programme 
level by 9 dB to 12 dB; thus the pre-emphasis 
gain could be increased by this amount and the 
mean programme level would then be comparable 
with that obtained without pre-emphasis. 

Where the 6 dB pre-emphasis high-frequency 
gain specified for NICAM3 is adopted the mean 
signal level is obviously still reduced by the inser- 
tion of the pre-emphasis, and the probability of 
overloading also correspondingly reduced. How- 
ever, on some programme excerpts with prominent 
high-frequency components this pre-emphasis 
condition can actually increase programme level 
for some values of probability. It must be noted, 
however, that this does not mean that overloading 
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TABLE VII 





Reduction of level due to insertion of CCITT 

pre-emphasis (zero gain at top of audio band) 

dB 


At probability levels ** 


50% 


10% 


1% 


0.5% 


Item \ 


1 . Piano 

2. Orchestra Excerpt 1 

3. Orchestra Excerpt 2 

4. Modern Pop Excerpt 1 

5. Modern Pop Excerpt 2 

6. Modern Pop Excerpt 3 

7. News Reading 

8. Male Speech 

9. Female Speech 

1 0. Drama 

11. Radio 2 (1 hour excerpt) 

12. Organ 

1 3 . Applause 


14.0 

12.8 

9.0 

9.5 

8.6 

11.5 

10.0 

8.5 

9.0 

10.5 

11.5 

14.0 

6.5 


14.0 

11.6 

8.0 

9.0 

9.0 

11.4 

10.2 

9.0 

11.2 

10.8 

11.2 

14.0 

7.0 


13.0 

8.0 

5.5 

8.5 

9.5 

10.8 

9.8 

9.5 

10.5 

10.0 

10.6 


13.0 

9.5 
9.5 

10.0 
10.5 



will inevitably occur on these items. It means 
simply that the introduction of pre-emphasis will, 
on some relatively infrequent occasions, actually 
raise the signal level — overloading will occur on 
such occasions only when the unemphasised signal 
was itself near the overload point. 

Thus the use of pre-emphasis as specified for 
NICAM3 is attractive. It improves the headroom 
for most programme items by, say, 3 dB to 6 dB 
and therefore reduces the frequency of operation 
of any overload protection device such as a limiter 
or soft clipper. Only rarely — when the pro- 
gramme signal comprises very high-level, high 
frequency components — will the inclusion of such 
pre- and de-emphasis actually increase overloading. 

Use of pre-emphasis to the NICAM3 specifi- 
cation reduces quantisation noise by about 3 dB — 
in effect reducing the number of p.c.m. bits/ 
sample required for a given situation by about Vi 
bit. Thus, the introduction of pre-emphasis to 
this specification effectively offsets the l A bit 
increase in resolution deduced in Section 6 as 
necessary to overcome granular distortion effects, 
and the digital resolution requirements revert to 
those suggested in Table V. The overall effect 
of pre-emphasis therefore seems to be beneficial 
and its use in an all-digital studio merits serious 
consideration. 



formance have been estimated on the basis that 
the analogue microphone signals to be p.c.m. 
coded are entirely uncontrolled. However, it is 
at present common practice to provide pre-set, 
non-operational, gain controls on microphone- 
signal amplifiers. This provision should be carried 
into the 'all digital' era and the facility used to 
match the anticipated maximum signal level 
(judged say on rehearsal) to the p.c.m. coder 
concerned. Such a process may well prove less 
tedious in practice than it appears at first sight, 
for the optimum settings for given studio situations 
are likely to be fairly constant, and any variations 
to be predictable. 

For the forseeable future BBC sound-pro- 
gramme signals will be distributed on a 14 bits/ 
sample p.c.m. system, using pre- and de- 
emphasis ; 3 digitally coded signals, no matter 
how high their initial resolution, will inevitably 
be reduced to 14 bits/sample at this stage. Now 
it has been established elsewhere 7 that the amount 
by which the gain is operationally controlled* at 
present is typically 7 dB to 12 dB. Thus it could 
be said that a digital studio system will require up 
to 2 bits of control — demanding 16 bits/sample 
microphone coding — if the standard set by the 14 
bit/sample distribution system is never to be 
compromised. 



8. Operational practice in broadcasting * 

So far in this report standards of digital per- 
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The term 'operational control' is used here to indicate a con- 
trol used to regulate programme signals during transmission or 
recording, as opposed to a non-operational control pre-set 
before transmission. 



Two assumptions are implied in the deduc- 
tion above. Firstly, since the specification of the 
14 bit distribution system includes pre- and de- 
emphasis, it is assumed that the microphone 
signals to be coded have been pre-emphasised 
(to maintain the 12 dB or 2 bit difference). 
Secondly it is assumed that the coding range of 
each coder is matched to the analogue signal to 
be applied to it (i.e. that the pre-set gain control 
is adjusted with precision) — this optimisation may 
well be crucial to the acceptability of a 16 bit 
microphone coding system. 

Even with these assumptions it must be 
accepted that a 16 bits/sample standard of micro- 
phone coding — though probably the correct 
standard from engineering considerations — has 
little in reserve. In practical operational situations 
there will inevitably be some uncertainty of the 
level of the analogue signals at the input to the 
coders. As a result there will be risk of coder 
overloading — with consequent impairment of 
the quality of reproduced programme — unless 
some overload protection is provided. Such 
overload protection could well be achieved by a 
quick-acting analogue limiter* ahead of the coder; 
alternatively it is possible that a 'soft clipper'** 
might provide acceptable protection since it is 
assumed that protection would be required only 
rarely. The acceptability of soft clipping may 
well depend on the circumstances of its use. 
For example, its effect on a normal programme 
spectrum will generally be to introduce low-order 
harmonic distortion products which may well be 
tolerable; when used after high-frequency pre- 
emphasis however, the main effect is likely to be 
the generation of low frequency intermodulation 
products which, raised in level by the action of 
the de-emphasis circuit may be less tolerable. 
However, the 'soft clipper' constitutes an inexpen- 
sive protection system and its advantages and 
disadvantages should be studied further. 

A 16 bits/sample standard of coding may still 
be acceptable for un-emphasised microphone 
signals, but dependence on an overload protection 
system would then be increased. 



9. Conclusions 

The use of digital techniques in sound broad- 
casting is likely to continue to expand in order to 
gain the reliability and flexibility of operation that 
such techniques offer. This expansion is likely to 
result in virtual elimination of operational analogue 
controls such as faders and mixers, and so will raise 
a requirement for digital coding of the operation- 
ally uncontrolled microphone output signals. This 
requirement is fundamentally different from that 
which applies for controlled sound signals — as 
for programme signal distribution — and the same 
standards of coding can not be assumed to be 
adequate. 

Existing data on sound levels in the studio, 
noise in the studio, etc., have been used to esti- 
mate the coding standards necessary, for a range 
of different circumstances, to retain in the digit- 
ally coded signal virtually the full dynamic range 
of the analogue microphone output signal. 
Depending on the condition being considered this 
estimate ranges from less than 1 3 bits/sample, to 
about 19 bits/sample. 

However it is suggested that, in a practical 
system for broadcasting, a 16 bits/sample standard 
of microphone-signal coding should prove 
adequate. This recognises the fact that the signals, 
after control, will be distributed by means of a 
14 bits/sample network, and assumes that the 
microphone signals will be pre-emphasised before 
coding and, further, that the signal level applied 
to each coder will be accurately matched — by 
pre-set adjustment — to the coder range. 

It is accepted that such an arrangement can 
have little room for error and that some form of 
overload protection will be needed to cater for 
those occasions where conditions depart signifi- 
cantly from optimum. Such protection could be 
based on known techniques, and its development 
should not present a serious problem. 

Where the microphone signals to be coded are 
not pre-emphasised a 16 bits/sample coding stan- 
dard may still be acceptable, though greater 
reliance would then have to be placed on the 
overload protection system. 



Recent technological developments should make practicable 
the provision of a relatively simple protective limiter with 
signal-to-noise ratio adequate for a 16 bit system. 
The term 'soft clipper' is used hare to indicate an instan- 
taneous-acting device giving rise to harmonic distortion pro- 
ducts predominently of low order. It is set to start operating 
several dB below the level at which 'hard' clipping due to 
A.D.C. overloading takes place. 
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